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INTRODUCTION

The present annual summary report No. 1, covering the period
1 December 1959 to 31 December 1960, comprises the following condensed
summary and in addition the Speech Transmission Laboratory Quarterly
Progress and Status Report Nos. 1 and 2 for 1960 which contain the de~

tailed information and are included as a reference.

SUMMARY AND CONCLUSIONS

I. Speech Analysis

A. Spectrum sampling instrumentation

The design of a 51-channel spectrum analyzer for periodic
synchronous sampling and visual display of intensity-frequency sections
of connected speech is completed in so far as the filterbank is con-

cerned.

A 6-channel working model of the system intended for closed
loop analysis has been constructed and constitutes at present our most
accurate device for taking spectral sections. The 51-channel spectro-
meter which should be completed in about 18 months’ time will allow a
much greater speed of analysis thus minimizing the routine work in tak-

ing the primary data.

An experimental study of the smoothing requirements for a-
nelysis of random noise type sounds has been undertaken. Recommenda~
tions for improving the function of the sectioning device in the Sona-

Graph analyzer have been made.

B. Formant frequency measurements

Systematic errors and average spread in taking formant fre~
quency data from the Sona-Graph have been investigated. Time-frequency-

intensity spectrograms provide almost the same accuracy as sections and
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the systematic error defined as the deviation of measurements from the
true pole frequency of vowels is generally less than 50 c/s. This is
also the magnitude of the average spread among investigators. The in-
crease of systematic errors and spread as a function of increasing~Fo

has been studied.

The work on automatic tracking of formant frequencies has
been concentrated to the detection of F1. Inverse-filtering comprising
minimum selection within a bank of anti-resonance filters did not prove
to be sensitive enough. All methods tried including moment-weighting,
phase detection, and zero-crossing counting have definite limitations
at high voice fundamental frequencies. Since these methods do not ap-
pear to have any substantial advantages compared with the method of
peak-picking from a filterbank it is considered best to concentrate
future work on more thorough study of the latter method and specifi-
cally how to avoid errors due to a high FO and extra formants. The
necessary logics for accomplishing this control may be developed ac+

cording to analysis-by-synthesis concepts.

Cs Pole-zero matching techniques

Various analog and numerical methods of synthesizing spec-
tral functions from an inventory of maximally five poles and four zeros

have been investigated.

The methods have been applicd to fricatives and vowels. It
was found that an approximation in terms of two poles and one zero gave
a reasonably good fit for fricatives as judged by corroborative synthe-
sis experiments. The vowcl studies have been directed towards a pole=-

zoro mateh of voice sources.

D. Voice source studies

Studies of the vocal source time function and spectrum have
been undertaken by means of inverse-filtering techniques. Results sup-
port earlier observations on the relative increase in the spectrum lev-

el at high frequencies at increasing voice efforts.
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The minimum often scon at about 800 c¢/s in vowel spectra is
a typical voice source fcature and reflects the duration of the base

length of the vocal pulscs.

Further systematic studies arc needed especially in con-

nected speech.

E. Voice fundamental frequency tracking

The following three methods for increasing the relative
level of the voice fundamental before performing the frequency measure-
ments may be rccommended as a result of our work:

1. Rectified single side-band, LP 1000 c¢/s

2. Full-wave rectified band, BP 300~2000 c/s

3. Continuous tracking and rejection of F1 by
inverse-filtering

The tendency of a pitch frequency meter to synchronize on overtones may

be rcduced by mcans of an independont measurement of F. within three

o]
separate Fb-channels gspaced less than one octave apart. A minimum se-
lector picks the lowest F, as the appropriate parameter value. This

0
system supplements an optimal degree of low-pass filtering after the

pre-emphasis stage.

F.. Automatic identification of sound features

Our studies of schemes for the detection of voicing have
led us to recommend a criterion of high energy in the integrated or
low~-pass filtered speech wave compared with the average for the speaker
in this band. The commonly used method of normalizing with regard to
the intensity of the high-pass filtered speech of the same sample did
not give equally satisfactory results. A useful supplementary crite-
rion in addition to the absolute level of the low-frequency energy is
the frequency of zero-crossings in the speech wave which is always less

for voiced sounds than unvoiced sounds.

A detection of natural boundaries in connected speech has
been attempted on the basis of a running measure of the sum of the ab-

solute values of the changes in the short time spectral intensity.
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These changes are determined from a few broad bands covering the spec~
trum. This running measure shows clear peaks at the boundaries between

sound segments as séen from spéctrograms.

G. Structural classification of Swedish phonemes

The distinctive feature theory as proposed by Jakobson,
Fant, and Halle has been applied to the Swedish phoneme system. The
discussion of the nature of the distinctions and their acoustic corre-
lates applies to most languages. A note on the acoustic structure of

syllables is included.

ITl. Speech Synthesis and Speech Perception

A. Confusion among vowels following low-pass and high-pass filtering

Articulation scores for the identification of natural and
synthetic vowels as a function of the cutoff frequency of low-pass and
high-pass filtering have been determined. Synthetic vowels gave approx-

imately the same results as natural vowels ard were equally intelligible.

B. Vowel synthesis

A fairly extensive recording of synthetic vowels of system-—

atically varied formant frequencies has been made.

Ce F-pattern approximations of voiced stops and fricatives

A few pilot experiments on the simulation of voiced stops
and so-called voiced fricatives on the basis of vowel-like stimuli have
been undertaken and the results have been discussed with respect to

the Haskins Laboratories data.
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D. Continued work on the synthesis of connected speech

Our work on the synthesis of connected speech by means of
a parametric control of series type synthesis circuitry has continued.
We find the results promising enough to motivate a new project devoted
to the development of a complete analysis-synthesis vocoder system a-
long these lines. A high intelligibility and naturalness should be ob-~
tainable at an upper limit of 1200 bits per second data transmission
rate. At present, however, we do not possess thc suffucient funds for
the realization of thcse plans in addition to the other scopes of our

present contracts.

III. Speech Production

A, X-ray demonstration film

An X-ray cinefilm illustrating coarticulation effects in
human speech has been prepared by‘H.MxTruby with partial support from

the contract.

B. Studies of nasalization

In conncction with a project on the study of cleft palate
speech in which we have participated there has been the opportunity to
study by cincradiographic methods the movements of the soft palate and
the associated offccts in the spectrographic picturc. A substantial
part of the study has been devoted to normal speakers. It is found
that the movements of the soft palate show a tendency of constant speed
independent of the spcaking ratc. The influence of the nasal coupling
on the speech specctrum is noticeable only at coupling areas in the velo-
pharyngeal passage of more than 10 mmz. The movements of the soft pal-
ate from the closed state to the open state begin with a downward move-
ment during which the coupling area is negligible. At very large degrees
of nasal coupling the second formant may be attenuated more than the

first formant.
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INTRODUCTION

This report series is intended for quarterly summaries of recent progress
and status of research at the Speech Transmission Laboratory of the Royal
Institute of Technology, Stockholm., The present issue is the first report
of the series intended for general distribution and a comparatively large
portion of the contents is therefore devoted to a presentation of the gen-
eral scope and present standing of active projects., Any particular results
reviewed here are to be considered as preliminary only and will normally

reappear in coming scientific papers.

Stockholm, October 15, 1960

Gunnar Fant
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I, SPEECH ANALYSIS

A, VOICE SOURCE STUDIES

The inverse filtering techniques of studying the source of
voiced sounds which have been reported on earlier provide data of the
type shown in Fig. I-1. The speech wave is passed through a filter net-
work comprising four variable anti-resonance circuits and a circuit rep-
resenting the inverse of a higher pole correction. The present studies
have been based on sung vowels and the investigator has adjusted the anti-
resonance frequencies so as to attain a maximal cancellation of the for-
mant ripple.

A correct shape of the glottal flow pulses is obtained only un-
der the conditions of negligible phase distortion down to 40 c¢/s. A normal
laboratory tape-recorder does not meet these requirements and produces a
distinct wave-form distortion. A high frequency modulation circuit was
utilized in conjunction with the condenser microphone in order to preserve
a response down to DC. It was found that instabilities in the atmospheric
pressure gave rise to very low disturbances which tend to throw the glot-
tal pulse train picture out of the raﬁge of the cscillograph. These ef-
fects have been reduced by the use of a phase compensated high-pass filter
of 20 ¢/s cutoff frequency. An Fl-modulation system & is under construc-
tion and will be used in future experiments for the recording of connected
speech material.

The following results have been obtained so far:

(1) The shape of a glottal flow pulse in the chest register varies
from a smooth almost sinusoidal shape at low voice efforts to an approxi-
mate triangular shape at high voice efforts. The closed interval within
a complete period of glottal opening and closing is of relatively short
duration at very low voice efforts and occupies up to 75 % of the period
at very high voice efforts.

(2) The peak amplitude of the glottal volume velocity pulse changes
much less than the overall amplitude of the sung vowel. This observation
correlates well with the relative stability within connected spesch of the
intensity of the voice fundamental, Experiments on 5 subjects showed that
" the peak amplitude of the glottal flow inéreased on the average 4 dB pér

10 dB increase of the overall intensity of the vowel. These figures are



Fig. I-1 Oscillograms of the vowel [ a7} and of the regenerated glottal flow
function. Low, medium, and: high voice efforts are illustrated from the
top to the bottom: of the figure.
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the same as those reported for the relative variations of the amplitude of -
the voice fundamental in sung vowels. (2) It remains to be seen to what
extent this constancy appears in connected speech.

(3) Sufficiently representative data on the spectra of the regener-
ated glottal flow function at various voice levels have not yet been col-
lected but it is apparent from the discussion above as well es from other

(3)

investigations, e.g., Miller s that high voice level implies higher ef-
ficiency and a relative boost of the upper part of the spectrum. The fol-
lowing source spectrum may exemplify a medium-high voice cffort (Fig. I-2).
(4) Confirming carlier observations, c.g., Miller‘(B), it was found

that the apparent starting point of the formant oscillation within a voice
cycle is typically close to the instant of closing of the vocal cords.
During the open glottis interval the formant oscillation is often merkedly
reduced in amplitude., The coupling to the subglottal system thus causes
appreciable damping. A4s could be expected owing to the flow dependent re—
sistance this damping is larger at low voice efforts than at high voice ef-
forts. The work is continuing with theoretical studies of the time domein
characteristics of vowels from Laplace transforms assuming excitation func-

tions of various shapes,

C. Cederlund, A. Krokstad, M. Kringlébotn,

(1) Garpendahl, G.: "Frekvensmodulator for ligpassregistrering pi
bandspelare”, +thesis work under progress (1960).

(2) Fant, G.: "Acoustic analysis and synthesis of speech with applications
to Swedish”, Ericsson Technics, 15, No. 1, 3-108 (1959).

(3) Miller, R.L.: ‘"Nature of the vocal cord wave®, J.Acoust.Soc.Am 31,
667-677 (1959).
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B, VOICE FUNDAMENTAL FREQUENCY TRACKING

Several systems for Fo—tracking'have been tried in the past with
an effort to construct a relatively simple instrumentation for use in voc-
oders and for phonetic research, Our experience supports the general view
that any system will work fine on some voices and particularly well in sus-
tained portions of speech or singing. No simple system, however, has been
considered reliable enough for vocoder usage and all systems have had the
weakness of being sensitive to hum, noise, and statics from the voice chan-
nel, .The most common error remaining, in the case of a high quality speech
input, is the tendency towards synchronization on harmonics or the tempo-
rary indication of a subharmonic. We have tried various non-linear systems
for regenerating or enhancing the voice fundamental and in combination with
the following prefiltering:

(1) A fixed low-pass filter optimally selected for the particular
speaker,

(2) & low-pass filter or a band-pass filter continuously controlled
by the measured output of the Fo-meter.

(3) Three band-pass filters combined with logics for selecting as the
input to the frequency-measuring stage the output of the band-pass filter

of lowest center frequency carrying signal above a certain threshold value.

None of these have functioned to our satisfaction. System number
1 is as good as any of the other two, System number 2 is subject to errors
due to the delay in frequency measurements and in starting errors., System
number 3 is sensitive to switching transients and to unfaverable phase com-
binations of signals from two band-pass channels.

A substantial gain in accuracy has recently been obtained in an
experimental set up which is similar to system number 3 above in some re-
spects. The basic idea is to avoid time-variable filtering and to incorpo-
rate one complete frequency counter in each of the band-pass channels and
to decide which channel provides the lowest frequency measure. This measure
is selected as the most probable FO. Errors due to synchronization on over-
tones are avoided provided one of the channels carries a sufficiently pure
fundamental., Successful results have been reached with a two-channel sys-
tem. A three-channel system comprising three complete'Fo—meters,and.a min-
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imum selector is under construction., The basic system is illustrated in
Fig., I-3.

The success of this system, or of any other frequency-measuring
system, will depend on the actual presence of a voice fundamental of an
amplitude which may not be much less than that of any harmonic. Special
attention has therefore been devoted to the initial stage for enhancing
the voice fundamental. A few simple non-linear systems have been tested
recently. A speech material of 10 seconds each from 4 male and 4 female
speakers was processed by the various methods. HNarrow-band spectrograms
of the results were studied and evaluated with regard to the relative in-
tensity of the voice fundamental. The percentage of pitch periods which
were judged to require only a moderate filtering in the following stages

were counted, The following results were obtained:

Voice channel 50-3000 c¢/s input

“~._ Method Half-wave recti- Full-wave Rectified
Speaker Direct fication rectifica= single
phase 1 phase 2 vion side band
Male 49 35 5C L7 83
Female 85 &7 87 22 82

These results do not pertain to the overall performance of a complete
Fo-meter, The half-wave rectification is phase sensitive. The direct
unprocessed speech provides the best material for female voices which

is due to the natural prominence of their fundamental, Full-wave recti-
fication tends to produce a frequency multiplication. In these instances
the second harmonic is highly boosted which accounts for the low figure
of merit, 22 % for female voices.

Rectified sirigle side band provides the best results., The short-
comings of the single side-band processing aré mostly due to instances in
which the speech wave either was of low intensity or was dominated by the
voice fundamental., These findings conform with results from a theoretical
analysis made by H, Fujisaki. (1) At low signal levels the rectifier char-
acteristics approximated a square~law function which acecounts for a second
power dependency of the amplitudé of modulation products on the input signal



amplitude, In case the input signal has a flat spectrum envelope and the
" harmonics are linearly related in phase it may be shown that the ratio of
the fundamental to the second harmonic after the SSB-rectification, becomes
(N-1)/(N-2), where N is the number of harmonics present in the input. 4n
input band consisting of two harmeonics is thus optimal and it has been shown
that the presence of a formant structure will favorably influence the ratio
of fundamental to second harmonic.

A separate low-pass channel plus frequency counter incorporated

in a pitch meter should favorably supplement the part of the system fed from
a single side-band input. Other alternatives exist in parallel systems
based on different selection of the input voice band, e.g., high-pass fil-
tering before the SSB-operation., Inverse-filtering methods might produce
a raw material for frequency counting competing with the SSB-methods. &
requirement is then that the base band in the Fo—region shall be intact.
Preliminary studies have given promising results but further studies are

needed..

A. Risberg, A. Mgller, H. Fujisaki

(1) Fujisaki, H.: "Theoretical studies on pitch éxtension and formant
tracking", internal STL-report, Aug. 20 (1960).



C. FORMANT FREQUENCY TRACKING

The scope of this project is to gain experience on various schemes
of formant tracking, i.e., automatic extraction of formant frequency data
from connected speech,

During the past year we have made some preliminary studies on
methods of counting zero-crossings and of moment weighting. The moment-
weighting method was engineered simply by carrying out the analog division
between the differentiated speech wave and the undifferentiated speech wave.

The recent work during the last three months has been concerned
with more detailed studies of zero-counting techniques and with a method of
anti-resonance filtering., When the zero of an anti-resonance circuit coin-
cides in frequency and bandwidth with a formant pole there is perfect can-
cellation providing the residues from other poles may be neglected. = This
procedure may be regarded as the time-domain equivalent of the pole-zero
spectral-matching method developed at M, I.T.

Our results are negative in so far as all the methods mentioned
above have serious inherent limitatiocns, at least within the experimental
conditions of our present studies. Our main conclusions are as follows:

(1) Zero-crossing counting.

a, If the frequency of the damped oscillation corresponding to

a single formant is integrated over a period longer than that of

a voice fundamental period the measure will coincide with the

frequency of the most intense harmenic within the formant. This

well-known effect will cause objectionable jitter effects in res-
onance vocoders unless an excessively long time constant is cho-
sen for the frequency parameter smcothing,

b. An initial transposition of the speech band to higher fre-

quencies will make possible the use of smoothing time constants

much smaller than that of a voice fundamental period. However,
the presence of the discontinuity at the time position of the
initial voice excitation and also the frequent absence of oscilla-
tion in a part of the cycle will complicate the measuring proce-
dure by the nesd of an intricate sampling system,



(2)

(3)

Te

Ce The presence of insufficiently suppressed residues from oth-

er formants might distort the measurement owing to averaging ef-

fects, If two frequency components are less than one octave a-
part this effect becomes negligible as long as the unwanted sig-
nal is more than 5 dB below the level of the signal to be meas-
ured, As the frequency ratio increases the effect is more pro-
nounced. In the case of a frequency ratic of F2/Fl =10 and

an amplitude ratio of‘Az/Al = 10 dB there results an error of

0. lE(F‘2—Fl). A prefiltering continuously c?g’;,rolled by the meas-

the best results from the method, A supplementary method which

ured positions of other formants is needed in order to get
has been tried is to restrict the time constant of the flipflop
in the frequency counter circuit so as to avoid synchronization
on interfering oscillations from high-frequency formants.

Moment weighting.

a, loment-weighting and zero-crossing counting techniques are
known to provide equal results on random noise signals. In gen-
eral both methods are dependent on a prefiltering.

b. Our experiments on the use of the simple moment-weighting
technique of analog division of tw) speech signals differing by
a prefiltering of 6 dB/octave and subjected to linear rectifica-
tion and short-time smoothing, have shown that the function is
very sensitive to the particular prefiltering and to the degree
of asymmetry of the formant. In case of reasonably symmetric
formants the systems tend tc follow the leading harmonic.

¢. The moment-weighting procedure may from a systematic point
of view be regarded as a simplified instance of interpolation
within a band of filters connected to a maximum selector. Such

(2)

systems have been tried with some success in England and will
be evaluated in coming phases of our work.

Anti-resonance filtering.

A pilot study on anti-resonance methods of formant tracking has
recently been completed, The ideal system would be one in which
the speech wave is passed through a series of anti-resonance cir-

cuits in cascade, one for each formant. By proper adjustment of



Fig. 1-4 Spectrogram with superimposed l"‘-nmn originating from a
minimam. selection of the outputs-of a anti-fésoasnce curcuit’

spaced with 100 c/s intervals,
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the frequency and bandwidth of each anti-resonance it would be
possible to cancel the damped oscillations of all formants and .
there would remain merely a voice excitation function. This is
actually the method utilized in the voice-source studies, section
I-A of this report, In formant-tracking systems, however, it is
necessary to adopt a matching criterion that is independent of a
human operator.

Our efforts have concentrated on the theoretical and experimental
study of tracking the first formant after it has been isolated by
a prefiltering stage. The theoretical approach was to calculate
the intensity output of the anti-resonance circuit as a continuous
function of its center frequency setting. The bandwidth of the
zero was assumed to coincide with that of the formant pole but an
exact match is not critical. The experimental set up consisted
of measuring the linear rectified and smoothed oubtput of an anti-
resonance circuit varied in steps of 100 c/s between successive
recordings thus simulating a bank of parallel channels of anti-
resonance filters. The Fl—frequency was selected as the channel
carrying minimum intensity. A fairly promising result was ob-
tained in a test with a piece of connected human speech as can

be seen in Fig, I-L, where the data are superimposed upon a spec-
trogram. A theoretical analysis of the anti-resonance method
provides the following results:

Qe There is a systematic error when the low-pass prefiltering
range is narrowed as may be seen from Fig. I-5. This error is
approximately inversely proportional to the Q of the formant and
amounts to 10 7 when the cutoff of the prefilter is 10 % above
the formant frequency assuming a Q of 5 and further a very low

Fo and a negligible influence from higher formants,

b. Systematic errors of greater importance occur when the voice
fundamental frequency, FO, is high and especially when the formant
peak falls halfway between two harmonics. This is illustrated in
Fig., I-6, which pertains to the experimental analysis.of a stand-

ard neutnal"vowellia } (Fi=500’ F2Fl500, F3?250040/5)'



At the pitch of FO=200 ¢/s the selectivity is very bad and a min-

imum is obtained only with the widest possible prefilter.

The fundamental weakness of the approach reported on above is
that only a limited part of the spectrum is allowed to contribute to the
minimum response whereas a frequency shift of a formant affects the entire
spectrum, The sensitivity of the method is upset by incomplete cancella-
tion of residues from other formants and from the vocal-cord wave, A cas-
caded system of several anti-resonances, one for each formant, would do
better but is more complicated for automatic *racking systems. The supple-

mentary usage of phase information might provide greater a‘ccura‘c;;f.."t

Hi Fujisaki, A. Risberg

* Such a system is that of Lawrence (personal commmication) who works
with a system of two self-adjusting anti-resonance circuits which con-
tinuously follow the first two formants of speech. His criterion for
self-adjustment is the relative phase between the output and the input
of the anti-resonance circuit.

(1) Chang, S.-H.: ""Two schemes of speech compression system", J.Acoust.
Soc. Am, 28, 565-572 (1956).

(2) Holmes, J,N.: %A method of tracking formants which remains effective
in thé frequency regions common to two formants', Bes. Rep.
JU8-2, Joint Speech Research Unit, B.P.O., Dec. 1958; and

Holmes, J.N., Kelly, L.C.: "Apparatus for segmenting the formant
frequericy regions of a speech signal™, Res. Rép., JU9=lL,
Joint Speech Research Unit, B.P.0., Aug. 1959.. '
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D. AUTOMATIC IDENTIFICATION OF SOUND FEATURES
T, Detection of voicing

Several systems for an automatic detection of voicing have been
looked into. Methods based on the relative distribution of spectral ener-
gy as determined from various combinations of low-pass and high-pass fil-
ters have proved to be less successful than methods which rely on the in-
tensity in a low frequency band compared with the average value of the syl-
labic intensity of the subject’s speech. The accuracy of voicing detection
may be further improved by the linear subtraction of a running measure from
a zero-counting circuit operating on the unfiltered input speech, Voiced

sounds have lower gero-crossing rates than unvoiced sounds.
2, Automatic segmentation schemes

in inspection of" spectrograms reveals the existence of natural
acoustic boundaries between speech sounds or rather speech segments which
may constitute a part of a speech sound. The criterion for the presence
of such a boundary may be defined from the rate of change of spectral ener-
gy with respect to time in several band-pass limited regions of the spec-
trun, A linear summation of the absolute values of the rates of spectral
changes provides a sensitive measure of the degree of spectral discontinu-
ity. An experimental arrangement consisting of band-pass filters, recti-
fiers, smoothing filters, differentiating circuits, rectifiers, and a final
smoothing and comnection to a summation stage for several parallel channels
has been constructed. Preliminary experiments have provided promising re-
sults,

Je Iiljencrantz
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L, EVALUATION OF SPECTROGRAPHIC DATA SAMPLING TECHNIQUES
1, Sectioning of unvoiced sounds with the Sonagraph

One weakness of the sectioning device on the Sonagraph spectrum
analyzer is the short-time constant in the. smoothing RC-filter following
the rectifier circuit. This time constant, calculated with the correction
for the speed-up factor in playback, is of the order of 8 msec which is
rather short for a correct wide band (300 c/s) sectioning of random noise
sounds such as fricatives and stops. As a general rule the averaging time
of the smoothing filter should be much greater than the averaging time of
the band-pass filter which implies a cutoff frequency of the sm?ighing

. If

this requirement is not met with it may be expected that the random fluc—

filter much smaller than the bandwidth of the analyzing filter

tuations superimposed on the spectral section will be large, i.g., there
will appear a fine structure in the spectral section which is dué to the
general statistical properties of filtered random noise alone. The corre-
spondence in the time-frequency-intensity spectrogram is the presence of
the random striations. These have continuity in the frequency domain in
the form of peaks and valleys which in a section may be confused with for-
mants and anti-resonance effects., The approximate extent in time and fre-
quency of a striation maximum is governmed by the law of reciprocal spread.
The expected average spacing of random maxima in the frequency domain as
well as the expectcd number of envelope maxima per second in the time do-
main should.be of the samc order of magnitude as the bandwidth of the band-
pass filter, or of a formant within the analysis filter whichever is the
smaller and thus has the greater inertia effect.

The uncertainty of any ordinate within a spectral section of a

random noise sound expressed as the ratio of root mean square random error

to the expected long-time average value is proportional to (Bé/Ba)%where
Bs is.th%l?%ggh of the smoothing filter and Ba is the width of the analysis
filter,

Accordingly, the time constant of the integration circuit in the
Sonagraph sectioner was increased to 60 msec effective time which is well
above that of the broad-band analysis filter, This change has markedly im-
proved the reliability of spectral sections or fricatives taken with the

‘Sonagraph but there remains a. certain mechanical instability in the function
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of the microswitch which introduces an uncertainty in the exact location of
a section of the order of 20 msecc. Furthermore the dynamic range of the
Sonagraph is not very large (30 dB) and onec must be careful so as to avoid
intermodulation effects.

For taking spectral scctions of unvoiced sounds we generally re-
1y on other instrumentations than the Sonagraph, e.g., repeated oscillo-
graphic recordings of the output of a wave analyzer. However, for less

eritical applications the Sonagraph sectioner is of some use.
2. Formant frequency measurements with the Sonagraph

"An experimental study has been undertaken of the consistency in
a subject?s repeated measurements of the center frequencies of the first .
four formants from wide-band time-frequency-intensity spectrograms of hu-
man vowels (FO of the order of 120 ¢/s) and the spread among five sub jects
owing to individual variations in the rationale for determining formant
center frequencies., The average deviation from the mean of repeated meas-
urements by a single subject ranged from 0.2 mm te 0.6 mm correspending to
a spread of 10-30 c/s. These figures pertain to mean values for four for—
mants measured in six vowels. The inconsistency of a single subject’s
measurements varies inversely with the distance from a formant to the near-
est formant in a spectrum and is maximally of the order of 150 c/s but
stray values up to 300 c¢/s were found.

The systematic disagreement between subjects was maximally 130
c/s with an average value of the order of 50 ¢/s. This systematic spread
is slightly higher than that reported by Flanagan. (3)

A prefiltering in the form of a 6 dB/octave base attenuation in
the Fl-region caused a shift up in the estimated position of Fl by LO c¢/s
for natural speech but considerably less for synthetic speech, These fig-
ures pertain to male speakers and the effect is probably greater for female
speakers with a higher Fb.

From measurements on synthetic vowels it was found that even in
a broad-band spectrogram of vowels produced at a low Fo of the order of
100-200 c¢/s there is a slight tendency to locate the center of the formant.
away from the ideal pole frequency value in a dirsetion which is dependent
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on the particular FO and Fl and basically the fine structure of the formant
in a narrow-band section. At pitch values above FO = 200 ¢/s a less expe-
rienced investigator will tend to select a harmonic instead of interpolat-
ing between the harmonics, and the size of the maximum error thus approaches
Fof2e

A comparison study of section versus spectrogram is under way.

(1) Morrow, C.T.: ‘“Averaging time and data-reduction time for random
vibration spectra®, Part I in J.Acoust.Soc.Am. 30, 456-461
(1958); and Part II in J.Acoust.Soc.Ams 30, 572-578 (1958).

(2) Beranek, L.: Acoustic iMeasurements (New York, 1949).

(3) Flanagan, J.L.: "4 speech analyzer for a formant-coding compression
system”, Scientific Report No, 4, U.S. Air Force Contract
No. AF 19(404)-626, May 1955, M,I.T., Adcoust. Lab.
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F. POLE~ZERO MATCHING TECHNIQUES

Our work in this field is still in an exploratory phase. Vowels
are studied. by means of the anti-resonance filter techniques mentioned in
section I A, Most of the pole-zero matching of fricatives was made on a
graphical basis comparing the spectra of human samples with spectra synthe-
sized numerically from tabulated data of elementary pole and zero curves.
Analog methods based on the.use of networks with variable poles and zeros
are also being investigated. A standard circuit for representing a pole-
zero palr has recently been developed (Kringlebotn). It is based on the
continuous variation of an inductance by means of feedback amplifier tech-
niques,

A match of fricatives in terms of two poles and one zero is gen— .
erally sufficient for retaining a high standard of speech quality in a for-
mant~coded synthesis (OVE II).

A matching of the fricatives [s] and [f] in terms of two poles
and one zero is shown in Fig, I-7., The measured samples pertain to sus-
tained sounds analyzed by a closed loop process with a wave analyzer of
125-c/s bandwidth., The pole at 2700 ¢/s and the zero at 2500 c¢/s of the
" fricative [f] constitute a bound pair with but small contribution to the
spectrum, It is of interest to see that the spectrum level rises all the
way up to 12 kc/s which was the upper limit of analysis. Spectra of [f]
vary much owing to the particular coarticulation and to the degree of
labiodental constriction. )

The main peak of the [s]-spectrum of Fig. I-7 is associated with
the pole at 5800 c/s. The second pole at 8000 c/s contributes to build up
a proper spectrum level at higher frequencies. The zero at 4500 c¢/s is
placed higher than the cofresponding zero in the measured spectrum in order
to preserve a correct level ratio between the main formant and the low fre-
quency part. of the spectrum,

An additional inventory of twc pole-zero pairs were added for
matching the [s}-spectrum of Fig, I-8., One of these bound poles, the one
at 2500 c/s, corresponds to F3 and the one at 4200 ¢/8 to F5. These weak-
er formants do not appear to be necessary for the synthesis of a good [s].
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The spectrum of a fricative [/]and its pole-zero approximation
is demonstrated in the lower part of Fig, I-8. The essential feature of
this particular palatal retroflex sound is a free zero at 1000 ¢/s and a
free pole at 2800 ¢/s and one at 7000 c/s. A detailed match employing
three additional pole-zero pairs associated with the relatively suppressed
F2, F3, and Fé provides a match within a few dB from 3C0 c/s to 12 ke/s.
The dotted curve on the figure pertains to the approxdmation in terms of
the two free poles and the free zero alone, It is apparent that the re-
sulting exaggeration of the relative level of the main peak is due to the
absence of the high-frequency attenuation inherent in the two bound pole-

zero pairs. This effect has been predicted in earlier theoretical work.(l)

(1)

that the synthesis can be made on the basis of a relatively flat source

In agreement with results from those earlier studies it is apparent
spectrum, .

The pole-zero matchings performed in Fig., I-7 and I-8 allow a
simplified structural comparison of the sounds [f], [s], and [ [ ]. There
is a similarity between [s]and [f] in so far as the spectra of both possess
a free zero of a frequency lower than that of the two free pcles. This free
gero contributes effectively to the high-pass structure of the spectrum a-
bove the zero the significant part of which extends apprcdmately 2000 c/s
lower cown in frequency for [ /] than for [s]. The mode spectrum of [f]
does not possess a free zero and the only free pele is located at very high
frequencies and is generally heavily damped. This pattern explains in part
the relatively low overall intensity of [f]. ,

An alternative interpretation applicable to the theory of distinc—
tive features (2) would be to oppose [ /] to [s] and [f] as being the only

sound that has a free zero below or close to F This is a requirement for

emphasizing formants F3 and F4 and also F2 if Ehe zero is well below F2 and
thus a formant area in the consonant not far above the mean pitch of the
upper formants of a following vowel. This conforms with the criterion of a
‘ major energy concentration in a centrally located peak as required by the
definition of compactness, After correction of the {s]~- and [f]-spectra
for the relatively low sensitivity of the ear in the high-frequency region
it is apparent that the[sfspectrum has a higher center of gravity than the
[£]-spectrum and [f] is thus grave compared with [s]. However, in some
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languages (e.g., in Swedish) it is feasible to oppose [/] to.[s]as .being
more flat (shift down of the spectrum) while other. fricatives, e.g., [4]
take the place of the compact member of the system.

' G Fant, J. Mrtony

(1) Fant, G.: Acoustic Theory of Speech Production (’s-Gravenhage, 1940).

(2) Jakobson, R., Fant, G., Halle, M.: "Preliminaries to speech analysis.
The distinctive features and their correlates”, M.I.T.,
Acoustics Laboratory, ‘Techn. Rep. No. 13 (1952); 3rd printing,
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G,  51-CHANNEL ANALYZER FOR SPECTRUM SAMPLING

The general specifications for the 5l~channel spectrograph under
construction are swmarized in Fig. I-9, I-10, and I-1l., A few modifica-
tions have recently been made in the plan for the particular combinations
of bandwidths and frequency spacings of the filters. The group A of the
filters comprises 10 filters spaced 100 c¢/s apart covering the frequency
range 0-900 c¢/s. They may be used as a supplement to the main filter bank,
group B, which covers a frequency range from 1000 ¢/s upward. The lowest
of these filters, No, 11, has a constant center frequency of 1000 c/s, in-
dependently of the particular combination selected. The center frequency
of the highest filter, No. 51, varies with the spacing, Af, between suc-
cessive filters. Group B of the [ilter bank is normally fed from a fre-
guency transposition stage adding 1000 ¢/s to the incoming speech band.
When used together with group A it is connected directly without this fre-
quency translation.

The degree of overlap, defined as the ratio B/.Af of filter band-
width B to the spacing measure Af is maximally 10, i.e., in combination
3, and minimally 1.25, i.e., in combinations 4 and 7. The overlap factor
is 5 for combinations 2, 6, and 9, and 2.5 for combinations 1, 5, and &.
Besides these nine linear combinations there are two combinations of group
B providing equal spacings on a technical mel Scale.(l)

1000 log(1+£/1000)
log2

tm = (technical mel)

The value Atm = 80 has been selected., The total range of 3200 tm corre-
sponds to 8200 c/s. Position 10 has constant bandwidth of 250 ¢/s and po-
sition 11 has constant width. of tm = 300 which is 250 ¢/s at £ = 100 ¢/s
and 1850 c¢/s at £ = 8200 c/s.

& reduction of the speed of the tape~recorder at the input of the
filter band by a factor of 2 may be used for increasing the effective spac-
ing and width data of the filters by the same factor. By this trick it is
possible to vary the properties of the filter bank beyond the 11 combina-
tions of Fig, I-10. The agssociated stretching of the time scale is a means
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of increasing the number of spectrum samples per second at a constant sampl-
ing rate of the switch unit. As an example it may be seen from Fig, I-10
and I-11 that the filter-spacing of 100 ¢/s and bandwidths of 250 ¢/s may
be obtained either with combination & and the normal tape-recorder speed

or with combination 5 and a speed reduction by a factor 2. Combinations .

1, 2, and 4 are primarily intended for harmonic analysis whereas combina-
tions 3, 5, 6, 7, 8, 9 are primarily intended for "broad-band" or "formant"
analysis. Some of the latter will be useful in the simulation of various
formant-tracking schemes.

The output from the electronic switch is the time-division multi-
rlexed data of the rectified and smoothed outputs of the filter banks,
Smoothing time constants are variable from 2,5 — 320 msec. The switch pe-
riod includes 9 empty time positions besides those of the 51 channels and
these may be used for the synchronous sampling of other speech parameters
of interest. One application would be to check the function of a pitch
frequency tracker or of a formant tracker against the short time spectrum
and oscillographic display. A constant reference to be recorded on a sep-
arate channel of the oscillograph is simply.the speech wave time~function.
In case our direct-writing ink-jet recorder, the Mingograph, is used for
the final data displey it will be necessary to slow down the data flow by
msans of storage in a twin track tape-recorder and playback at reduced
speed, This is the proposed normal practice which has the advantage of
immediate accessibility of records and that large size spectrum section
diagrams and time-synchronous oscillograms may be printed on light-weight,
cheap paper. An alternative or rather supplementary method of spectrum
portrayal would be.to produce time-frequency-intensity spectrograms from
a. cathode ray tube.

The work is progressing on the design of a prototype for the in-
dividuel channels of the analyzer. The band-pass filters contain three
resonant circuits in cascade and are designed for minimum overshot. charac-
faristics. The smoothing filters are 18 dBfoctave active RC-filters, also
of minimwvm overshot type.

(1) Fant, G,: "Acoustic analysis and synthesis of speech with applica-
tions to Swedish', Ericsson Technics 15, No. 1, 3-108 (1959).
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II. SPEECH SYNTHESIS AND SPEECH PERCEPTION
A, VOWEL SYNTHESIS

A set of 754 synthetic vowels have been recorded for future use
in experiments on perceptional mapping of the vowel stimuli domain., Our
standard procedure for series synthesis was followed. (1)
based on formants F1 F2 F3 FL4 and a higher pole correction. Our present
voice source has a zero at p = 2n.800 ¢/s in addition to poles at
p = 2n+100, p = 27+200, and p = 2n+3000 c/s1 Formant bandwidths are held

This system is

at the constant value of’TOlc/s up to 1500 and constant Q = 25 above
1750 ¢/s-.
J. Mdrtony, L. Lisker

(1) Fant, G.: "Acoustic analysis and synthesis of speech with applications
to Swedish", Ericsson Technies, 15, No. 1, 3-108 (1959)

Bs CONFUSIONS AMONG VOWELS FOLLOWING LOW-PASS AND HIGH-PASS FILTERING

A project directed to the study of the basis for perception of
vowels has been started. Prolonged vowels from several speakers have been
isolated and shaped uniformly with regard to their time duration and enve-
lope by means of electronic gating techniques (developed by Mgller). Con-
fusion tests of the effects of low-pass and high-pass filtering on selected
Swedish vowels and synthetic copies of these are planned.

E.C. Carterctte.



€. F-PATTERN APPROXIMATIONS OF VOICED STOPS AND FRICATIVES

Voiced stops may be approximated by the introduction of formant
transitions at the onset of a vowel. In order to study the specific re-
quirements for a series connected formant coded synthesizer we duplicated
some of the Haskins Laboratories experiments on the role of the initial
transitions, A number of in all 188 stimuli from the synthesizer OVE II
mentioned above were recorded, Stimuli length was 300 msec with an abrupt
onset of the source function and a slight fall off of the intensity during
the last 50 msec of the vowel. The formant frequency transitions were giv-
en a constant slope and a duration of 25 msec in one part of the test and
50 msec in another part of the test. The steady state portion of the vowel
was given a formant pattern of F, = 750 c/s, F, = 1250 c/s, Fy= 2550 c/s,
and F) = 3250 c/s corresponding tc the vowel [a].

The first formant started at F, = 150 ¢/s and 250 ¢/s and the
third formant at F, = 2250 c¢/s, 2550 c/s, and 2850 c¢/s. The starting

3

5 was varied in steps of 100 c¢/s when F, started at 150 c/s

and in steps of 200 c¢/s when F, started at 250 ¢/s, within the entire F -
range.

point for F

A preliminary listening test with two phonetically trained Swed-
ish subjects was carried out. Only those instances when both subjects a-
greed that they heard a specific voiced stop or fricative with a fair de-
gree of certainty were noted. . .

.The phonemic responses reported were /b, d, g/ and /v, j/. ALl
the /b, d, g/ responses were associated with the shorter transitional in-
terval. All the v and most of the j responses were obtained in connec-
tion with the longer transitional interval. Only a few j responses oc-
curred with the shorter transitional interval in which case the higher
starting point of Fl was a necessary requirement. However, within the
group of stimuli with the longer transitional interval there was no appre~

ciable difference in response for the higher and the lower~Fiy
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TABLE II-1.

N Ty ofs | 2250 2550 2850 | 2250 2550 2850
IF ;s F o | 150] 250 | 150 | 250| 150] 250 150 250 | 150 | 250 | 150 | 250

soo | L || b

600 | | o

700 bl - | b -

v 800 b | b o | bl b v | v

900 b | - | b | - L

1000 b | b b v | v
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1200 ‘ ‘ d

1300 | | | -

uoo | a | d

1500 d -

1600 | e a

1700 8 | d| - j

1800 d d | j

1900 g | | j 3

2000 1% | gt dfalal |3 "3

200 | gt L b == s ]-]3]-

2200 S R J J | SN I

2300 1 ‘ - I : - -
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ba da

’I’.‘ -1 Preferred stimuli, patterss for ﬂﬂh of three voiced stops and-two
voiced fricaiives, as judged. by Swedish trained listeners,
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It can be seen that an almost necessary requirement for /g/ re-
sponses is a low F3 and a high F2 and that the necessary requirement for
/d/ responses is a high F, and & mediuwn high F,. In no instance (with the
possible exception of a high FS) was a proper choice of’F2 alone sufficient
for differentiating all the stop sounds. The essential requirement for /b/
responses was a low Fz.

These results indicate that a shift in F3 alone is sufficient for
shifting the response from /gz/ to /d/ and that the differentiating role of
F2 for the /g:d/ distinction is highly dependent on the particular F3.
These preliminary results are in several respects similar to those obtained
at Haskins Laboratories for the pattern playback stimuli.(l> Our data show
a tendency of a greater differentiating role of F3. However, both the sys-
tematic stimuli differences and language differences should be considered.

Optimal stimuli (marked with x in Table II-1) patterns within our
'simplified iriventory are shown in Fig, II-1,

L. Lisker, J. Mrtony, B. Lindblom, S. Ohman

(1) Harris, K.S., Hoffman, H., Liberman, 4.M., Delattre, P.C., Cooper, F.S.:
"Effect of third-formant transitions on the preception of the
voiced stop consonants™, J.Acoust.Soc.Am. 30, 122-126 (1958).
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III. SPEECH PRODUCTION

A, X-RAY DEMONSTRATION FILM

An X-ray demonstration film illustrating coarticulation effects
has been completed. The major part of the work was undertaken in coopera-
tion with the Wenner-Gren Research Laboratory, Stockliolm.

H.¥. Truby

B, X-RAY TECHNIQUES APPLIED TO THE STUDY OF NASALIZATION

The Speech Transmission Laboratory has participated in a project
on cleft palate speech directed.by B, Nylén (plastic surgery specialist)
and L. Bjérk (X-ray specialist). Our contribution has been the introduc-
tion of Visible Speech spectrographic techniques for objective studies of
the effects of various types of nasalization and methods of synchroniging
X-ray movirg film with a timing signal which is recorded on one track of
the tape-recorder. One part of the investigation is concerned with the
movements of the velum in normal speech in relation to the visible effects

on spectrograms. The study is continuing,

L. Bjsrk, A. Mgller, B. Nylén
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INTRODUCTION

This report series is intended for quarterly summaries of
recent progress and status of research at the Speech Trans-
mission Laboratory of the Royal Institute of Technology,
Stockholm. The present issue, STL—QPSR—2/1960, is the sec-
ond report of the series intended for general distribution.
Active projects not reported on here or mentioned briefly
only were.dealt with in greater detail in the first issue,
STL~QPSR—1/1960. Any particular results reviewed here are
to be considered as preliminary only and will normally re-
appear in coming scientific papers.

Stockholm, January 15, 1961

Gunnar Fant



I, SPEECH ANALYSIS

A. SPECTRUM SAMPLING INSTRUMENTATION
1. The 51-channel analyzer

Detailed design plans for the 51-channel analyzer were
given in the previous progress report. The design of the individual
channels of the filterbank is almost completed. At present we are
investigating temperature stability and other drift sources and a
scheme for tuning the coils and condensers of the filters. The con-
structional phase will be started in about 3-4 months’ time.

J. Liljenorants, U. Rengman

2. RASSLAN - a 6-channel closed loop sectioning device

A provisional instrumentation for spectrum sampling has
been constructed, to a large extent utilizing earlier existing units.
It has a comparatively low data handling capacity but can do a certain

amount of routine work till the 5%-channel spectrometer is completed.

The general design and function of the analyzer are illus-—

trated in Fig, I-1.

The speech sample to be analyzed is stored on a tape loop
with a revolution time of the order of 2 sec. On thc loop is
also a triggering signal, at present a 10—kc/s tone burst with a dur-
ation of 10 msec. This signal actuates a manually adjustable delay
unit, the output of which governs the sampling point. The speech sig-
nal is processed in a heterodyne system analogous to that of the pro-
posed 51-channel analyzer. The band-pass analysis is carried out in
a bank of six filters with center' frequencies from 1 kc/s and upwards.
The output of the filters are individually rectified and smoothed. At
the arrival of the delayed triggering pulse these signals are simulta-
neously sampled and stored in memory capacitors. The voltages of these

are successively transferred to the recording system with the &aid of a



TAPE RECORDER.
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SCANNER l p———P———— | SCANNING CONTROL UNIT
OSCILLATOR 20 c/s
MINGOGRAPH

Fig. I-1 Block diagram of the six-channel closed loop spectral

.sectioning instrumentation.
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rotating telephone switch with a revolution time equal to that of the
tape loop. When the synchrorous sampling is carried out a 30-position
telephone switch is put into action. This switch moves on one step
selecting a carrier control voltage appropriate for the next cycle of
analysis. For each revolution the frequency range of analysis is thus
shifted by a constant amount. A complete spectrum section is obtained
after 30 revolutions of the tape loop, a procedure that will take about
60 sec. The output of the scanner is converted to a logarithmic meas—
ure with the aid of a copper monoxide dicde with forward current. The
recording is finally carried out on a Mingograph recorder operating at
a low paper speed (5 to 20‘mm/s)n In order to give a more clear pic--
ture the recorded signal is superimposed on a constant, low--frequency
sine wave. The section consists of 30 adjacent sets of 6 columns re~
presenting the spectral energy in 180 bands with equal spacing and
width,

The six analyzing filters have adjustable center frequen~
cies and bandwidths correspending to spacing of 15, 25, 50, and 100‘c/s
and bandwidths of 31, 62, 125, and 250 c/s, respectively. With the
four mentioned spacings a total frequency range of 2.7, 4.5, 9.0, and
18.0 kc/s, respectively, will be covured. The heterodyne system, how-
ever, can manage frequencies below 10 kc/s only. Higher frequency
ranges may be reached by means of reducing the playback speed of the
sounds on the loop The absolute position of the frequency range of

the aneiysis may be chosen arbitrarily.

The smoothing filters have integration times variable in
octave steps from 10 to 160 msec. All filters have the: STL standard

minimum overshoot characteristicse

As illustrated in Fig. I.-2 there will occur an extra spike
between every sixth column in the output section owing to the recharg-
ing of the memory capscitors. These spikes are hslpful for determin~
ing the frequency :cale. The dyndamic range is somewhat wider than 40
ds. |

In Fig I-3 and I-4 arc showa some typical analysis records
from RASSLAN. It should be noted that these sections are taken from
signals with high~frequency pre-emphasis (pole at ~2725000 r/s, zZero



B+ 31¢c/s
T= 10 ms

B = 250. ¢/
T = 10-ms:

Fig. 1—3 Examples of spectral sections of a vowel [x] produced
with the six-channel spectrograph.



B8 = 82 c/s
T = 160 ms:

B =125 ¢/s
T = 1860 ms

Ry 2o

B = 250 ¢/s.
T = 160' ms
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B =82c¢/8
7= 20 'ms

0 1 2 3 4 ké/n

T = 180 ms /

Fig. 1—4 Examples of spectral sections of a fricative [ [] produced
with the six-channel analyzer.
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at -21.200 r/s).

The narrow-band analysis of the vowel (B=31 c¢/s and 62 c¢/s)
displays an accurate harmonic structure the envelope of which contains
more details than the wide~band spectrum (B=250 c/s). The analysis of
the fricative, Fig. I-4, illustrates the influence of the quotient be~
tween analysis and smoothing filter bandwidths upon the random devia-

tions from the mean envelope, see section A-3. Below the spectral sec-

tion there is included a duplex oscillogram of the speech wave time
function and a memory function for the smoothing filter, the time base

of which is located at the sampling point.
J. Liljencrants
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3. Analysis of random signals

The spectral analysis of random noise signals involves a
band limitation of a band-pass filter of width B followed by a recti-
fication and smoothing through a low-pass filter having the integra~
tion time T. The DC voltage thus obtained (V) has a random ripple

superimposed on it, the RMS value of which may be called‘cv.

It is known (1) that

S AT S S T S Y a2 e . At Wt

S 1

L~

See for instance ref. (1) and the previous progress report. If the

(Bq. I-1)

signal is plotted on a logarithmic scale and provided OyiV 1is rea-

sonably small this formula can be rewrittent

. . . 1 - 3
oy = k+20°1ogy ze 5T (Bq. I-2)

which is the RMS value'6f‘rand0m.striations in @B. The conversion

* For definition of 7 B&ee ref, (2)@ In terms of equivalent band-
width T = 1/2F, where F is close to the 6 dB ocutoff frequency
of the LP=filter.

- K‘**V‘ig‘“"%”"fxf»,. W
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from a linear scale to a dB-scale will cause a shift in the mean lev-

el, but owing to the single curvature of the logarithmic function the

approximation above is still fairly good. 4 variation AV:V = 450 %

will, according toBtge formula, give AY = +4.4 dB while the correct
+3.5

values are AY = _g.0 4B Consequently the approximative value is
some 10 % too low.

dy is generally smaller than mentioned in this example.
An experiment using our standard third order minimum overshoot fil-
ters for both band-pass filtering and smoothing has given an empiri~
cal value of the constants
’l&i K
[ = d.B [ I—
vy SV B (BEq 3)
where B is the analyzing filter bandwidth in c/s and. ( is the inte-~

gration time of the smoothing filter in seconds.
An illustrative example:

In Fig. I~4 one section is taken from a [Jf]—sound with
B=62 ¢/s and T =20 msec (F=20 ¢/s). According to Eq. I-3 these val-
ues correspond to o _ = 3,1 dB. In the same diagram is plotted the
result from an analysis with B=125 ¢/s and 7 =160 msec. The latter
section has a higher level owing to the larger value of B and the dif-
ferent time span of the sample. A calculation of the standard devia-
tion apart from this overall shift gives the value oy = 3.8 dB. This
value is only slightly larger than could be expected from random var-
iations in the two samples indicating that the spectral shape of the
sound during the shorter interval is eéssentially the same as the "mean
shape" of the sound.

J.N. Holmes, J. Liljéencrants

(1) Morrow, C.T.:+ ‘“Averaging time and data-reduction time for random
vibration spectra', Part I in J.Acoust.Soc.Am. 30,
456-461 §1958)§ and Part II in J.Acoust.Soc.Am. 30,
572-578 (1958).

(2) TFant, G.: "Acoustic analysis and synthesis of speech with appli-
cations to Swedish", Ericsson Technics, 15, No. 1,

3—108 (1959)'
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B, FORMANT FREQUENCY MEASUREMENTS
1., Spectrographic measurements

5 subjects were asked to determine the positions of F1 F2
and‘FS of 6 synthetic vowels [a:, e:, i:, us, oe:, ae:] on wide-band
spectrogram and on wide~band section. Each vowel has 6 pitches. This
gives a total of 540 measurements for each method. Mean values of er-
rors in each Fo-class are shown in Fig. I-5, where the lower diagram
pertains to the mean of absolute values of errors. 4n error is simply
defined as the deviation of a measured value from the known pole fre-

quency.

Analysis of high-pitched voices with 600 c/s filter, which
implies a reduction of the speed of the input signal by a factor of 2
and the use of a magnified frequency scale, produces a spectrographic
display which makes accurate measuring very difficult (cf. table I-1).
Moreover, the effect of the 6\dB/octave bass attenuation is particu-
larly noticeable in this method. In a systematic investigation sub-
jects consistently located low formants much too high, €.g., F1 of
(i:] at about 400 c/suinstead of 240 c/s pole.

TABLE I-1
section spectrogram 48—channel
analysis filter 45 300 300 600 350 ¢/s
average error 40 55 50 90 50 c/s
spread - 60 70 150 - ¢fs
maximal error 90 170 150 250 200 c¢/s

factors influencing measurementss
(1) uncertainty in calibration, position of zero line

(2) pre-emphasis: +6 dB/octave (of importance in the case of
600 c/s filter)

(3) position of partial within the formant (see Fig. I-6)
(4) relation between filter width and fundamental pitch.

The effect of a continuous rise in Fo\on the appearance

of human and synthetic vowels may be studied in Fig. I-6.
In order to perform an auditive evaluation of the above-
mentioned wide-=-band (300 c/s) spectrogram measurements a preliminary

listening test has been carried out. Subjects were asked to state
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Fig. I-5 Mean values of errors in spectrographic measurements,
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to wide-band sections.

350 c/s:

c/s



s et een. e et e e+ s o+ e e it ot a e e o e e - A

“Spueq JUBWIO] 9y} JO SUOREdOY oYy uy sduwm{ Jerjwis mogs
adwes yooeds dpeqyuis oy) pue yoeods uswiny 9yl * [ ) [oMOA ® o
Jo urez3onaads pueq-peolq uo a3uwyd Yoy SuPHS ® Jo J0epe UL  9-1 g

TIMOA DILIHINXS TAMOA TVINLVN

0sZ ggz 002  O0ST ¢zl 0SZ 00Z O0ST szl 04

ey

R R B R B V¢ TR SRR

[

T Attt St o . N e e o - sS B0 o e o et et v,




e

e e

whether pairwise stimuli consisted of sounds that were the same or
different with respect to phonetic quality. A pair contained two
synthesized vowels; one of the sounds used for the above-mentioned
spectrogram study plus its measured counterpart specified by the
spectrogram data. Subjects were unanimous in reporting that one or
two out of 36 sounds differed considerably whereas the rest had re-
mained practically unchanged with respect to phonetic guality.

B, Lindblom

2. Formant-tracking

A few pilot experiments on the use of phase detection
methods in formant frequency trackers have been undertaken. The
methods we have tried were:

(1) Measuring the phase difference between the input and the

output of an anti-resonance circuit of variable center fre-
quencye.

(2) Measuring the phase difference between the outputs of two
anti~-resonance circuits spaced 250 c/s apart.

(3) Measuring the phase difference between the outputs of two
resonance circuits spaced 100 c/s apart.

Of these methods only the last one gave results which were
judged to be of any practical use. However, a large pitch variation
alone could give a phase shift of a formant frequency. The results

were better for F2 and F3 than for F1. No further work on phase meth-

ods will be undertaken until sufficient experience has been gained
from spectral maximum selectors.

A. Krokstad
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C. POLE~ZERO MATCHING TECHNIQUES

The work on pole-zero matching of fricatives and vowels
exemplified in the previous progress report has been continued. Part
of the work is intended to serve as the basis for the synthesis of
connected English speech. Another part of the work is devoted to the
pole-zero specification of vowel spectra as reported in section D be-

low.

Several techniquses have been tried. Besides the precedure
utilized in the previous work comprising a graphical summation of the
contributions from individual complex poles and zeros, i.e., elementa-
ry resonance and anti~resonance curves, we have tried a similar summa—
tion of the contributions to the spectrum envelope of each pole or zero,
positive and negative parts of a complex prle treated separately. -This
latter methed has the advantage of simplicity in the graphical work but
is generally not as fast as the method with elementary resonance curves.
Amvng other metheds locked into recently is the wse of an electrolytic

tank with accessories for frequency response tracing.

The most convenient methed from an instrumental point of
view is the use of analog equipment, The inverse or "anti-resonance'
filtering method, which we have relied on to a large extent for voice
source studies, represents a time-domain technique. It gives good ac-
curacy for measuring F1 and F2 of vowels and could be supplemented by
other methods of a complete pole-zero matching of the vowel sample.
The use of synthesis instrumentation for producing synthetic specira
that are compared with those of human origin should be quite practical
providing the circuitry may be handled and calibrated with sufficient
accuracy and with sufficient ease of operation. The present circuit~
ry in OVE II for generating fricative sounds does not altogether ful-
fill these requirementis and contains only two poles and cne zero.

Synthesis circuitry for pole--zero matching employing three additional

- pole-~zero pairs is under construction, see section II-B of this report.

One of the advantages of the analog circuitry approach for pole-zero

" matching is that the perceptual significance of various apprcximations

may be tested by a synthesis experiment employing the same circuitry.

C. Cederlund, J.N. Holmes, M. Kringlebotn, J. MArtony
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D. VOICE SOURCE STUDIES

The continued studies of the properties of vocal sound

sources have concentrated on extraction of the spectrum envelope of

the voice source. Two methods have been tried. One is the frequency
analysis of the output of the inverse-filtering circuitry after a max-
imally accurate compensation of the time-domain formant ripple. The
other involves the graphical calculation of the difference between the
spectrum (broad-band section) of the sound and the spectrum of a syn—
thetic copy given the same formant frequencies and a standardized voice

source and a higher pole correction.

The primary object of the analysis is the complete source
spectrume A pole-zero matching of typical results is also attempted.

Results will be given in later reports.

Examples of voice source spectra obtained by the two meth-
ods are shown in Fig. I-7. Samples pertaining to a speaker’s high,
medium, and low voice efforts were analyzed by the two methods. The
typical effects of the relative increase of the spectrum level at high-
er frequencies as a result of increasing voice effort is seen. The
two methods provide approximately the same results but there is a spread

of a couple of dB to consider.

The accuracy of analysis decreases in the frequency range
above F2 and at frequency intervals of a low spectrum level. The up-
per frequency limit for the significance of the data is of the oxrder
of 3000 c/s. The particular higher pole correction chosen for the syn-
thesis affects the validity of the upper frequency range. For synthesis
work, however, this is of less condern.

C. Cederlund, J. Mértony
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E, VOICE FUNDAMENTAL FREQUENCY TRACKING

Work has continued on the pitch-tracking scheme described
in the previous report. Three complete pitch~measuring channels have
been constructed. These are separated at the input end by means of
band~pass filters covering the FO-~range 60~300 c¢/s and spaced 0.8 oc~
tave apart. The outputs of the three systems are connected to a min-
imum detector for selecting the lowest of the three independently
measured pitch values. Experiments with a frequency separation of
the three channels by means of low-pass filters instead of band-pass
filters gave less satisfactory results. There is also evidence that
four band-pass filters of a more narrow bandwidth, e.g., 0.6 octave,

should be utilized.

The frequency-measuring unit in each channel comprises
circuitry for producing zero-crossing pulses of constant amplitude
and shape. The low-frequency channel incorporates a full-wave recti-
fier for increasing the number of zero-crossing pulses from 2 to 4
per piteh period. The final integration of the pitch frequency in
each channel is performed by means of third order minimum overshoot
low-pass filters. The threshold amplitude gating signals are con-
trolled by the same typc of filters. Examples of the pitch analog
signals in each ¢f the three channels and in the output of the mini-
mum selector are shown in Fig. I-8. The function of the selector is
satisfactory but trere occasionally enters a frequency ripple up to
5 c/s in the eutput of the second channel. This and other effects

will be looked into.

A voice fundamental frequency emphasizing circuit intended
as an input stage to the pitch tracker is under construction. It is
based on the inverse~filtering method for reducing the relative ampli-
tude of the first formant oscillation. The system comprises the com-~
bination of¢u1F1-formant tracker based on maximum selection and a gat-
ing system for enabling essentially one of a number of 8 transmission
paths in parallel containing anti-resonance filters of the same center
frequencies as the corresponding band—pass filters of the~F1—selector.
This instrumentation has givén promising results but is not quite com-
pleted. |
o A. Risberg

Y S
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‘Fig. 1—8 Oscillographic test of the minimum frequency selection in
the three-charinel pitch tracker.
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F, AUTOMATIC IDENTIFICATION OF SOUND FEATURES

A few pilot studies devoted to the identification of nasal
consonants in Swedish speech material have been started. No conclusive
results may be reported yet. Measurements with the aid of anti-reso-
nance circuitry did not support the view of a rather large first for-
mant bandwidth of nasal sounds compared with other sounds such as [1)

(3] {v] and vowels of a very low F,.
C. Cederlund, B. Lindblom, J. M&rtony, A. Mgller, S. Uhman

G. STRUCTURAL CLASSIFPICATION OF SWEDISH PHONEMES

The following tabulation of Swedish phonemes in a distinec-
tive feature code is in all essentials based on the system of Jakobson-
Fant-Halle (1) but with the modifications owing to the general advance.
of the theory and the specific views held by the author. The particu-
lar solution for the vowel system is the same as that proposed in(;g-

cent publications 2 ; but differs from that of an earlier study

The consonant system has not been published before.

The distinctive feature scheme primarily serves the purpose
of linguistic theory but includes acoustic descriptions which theoreti-
cally could be regarded as an instruction for machine recognition of
spoken text., In practice the acoustic definition of the features often
involves stipulations concerning the differences between alternative
phonemes. These abstractions may not be translated to identification
rules without taking into account the spéecific range of qualities uti-

lized by the particular speaker in a specific context.

Most of the distinctive features or rather "phonemic dis-

tinctions" are identicéal with elementary phonetic categories which are
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well established in linguistic theory. Any scheme for machine recog-
nition of spoken items will to some extent rely on a classification
in terms of these categories. On the other hand, it is clear that an
optimel recognition process will differ from the traditional distinc-
tive feature system in terms of the particular choice and definitions
of features and the sequence of operations. Vowelscould thus be iden-
tified directly from properly normalized formant frequencies. Inde-
pendently of the purpose of the identification scheme, whether this
be linguistic theory or machine recognition of speech, it should be
recognized that distinctive features or the several cues which may
underlie a distinction are not always static constituents of a single
sound segment. but quite often involve several adjacent segments and
dynamic relations within a sequence of segménts. These ar~ well es-
tablished facts.” ~

The Swedish vowel system comprises nine long vowel pho-—
nemes /01/ /51/ /31/ /y1/ /u1/ /61/ /i1/ /eT/ /é1/ and nine short
vowel phonemes /02/‘/é2/ /32/ /y2/ /u2/ /62/ /i2/ /e2/ /52/. These
Phonemic notations of the STA-alphabet conform with common Swedish
orthography. Phonetic values of the basic allophones are indicated
in Fig. I-9 and I-10.

The relation of /51/ to /e1/ or of /e1/ to /i1/ specified
by the compactness feature is that of an open versus a close vowel,
referring to the mouth cavity. The relation of /a1/ to /51/ or /éT/
to /01/ may either be identified by the compactness feature as in

Fig. I-9 or with the relation of unromnnded to rounded (flat) vowels,

‘Fig. I-10. There are of course hybrid alternatives, such as the la-—

beling of /01/ to /51/ as flat versus /aT/ and opposing /&1/ to /01/

in terms of compactness. This solution avoids the use of % terms

within the back vowels. The same relations hold for short vowels.

* The difference between the prosodic and inherent features are
thus to some extent eliminated since both involve temporal
relations. The prosodic features, however, generally operate
over speech-wave units of a greater length than the inherent
features.

e An attempt to construct a scheme of segment classification
according to an inventory of narrow phonetic categories in-
stead of phontxic distinctions has been undertaken in a re-=
cent article.,'‘”
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The relations within the rounded front vowels /y1/ /uT/ /61/ and /y2/
/u2/ /62/ arc more complex. The phoneme /61/ is definitely compact
compared with /yT/ and /61/ is compact compared with /yz/ but the
vhonemes /u1/ and /uz/ canhct be consistently specified by this fea-
ture. Thus /u2/ is gennrally a more compact vowel than /62/ whereas
/uT/ is less compact than /8./, In general, however, the relation of
/u1/'$o /61/ and /J1/ or cf /u / to /o / and /y2/ is the same as that
of /yﬁ/ and /01/‘compa*nu itk /" / /P / and /a1/n This ie the moti-.
vation for the classificating of /01/ and /y1/ and similarly also /82/
and /'yz/ as + flat.

Vithin the conscszant erstem, Fig. I-11, the alveolar pho-
nemos /q;/ /29/ /@j/ /{@/ s:2e opposed to the pure dentals /1/ /n/ /t/
and /d/ ir terms of tho flairess foature. From a digtributional point
of view. however, ikc slveolers nay be regarded as the realization of
a phonene /r/ plus a following dental phoneme. This is also the case
for an /“”/ as opposod to /3/ wiil the complication that [qg] stands
in complimentary distribution to a quite similar sound labeled [s;j]
which is not the reenlt of a fusion hetween an [r] and a dental. Thus
/{;/ is the same phonems as q;/n The phoneme /qj/‘is acoustically
flat (lowcrffrequency of main formant) both in relation to the compact
(palatal) /tj/ and 4he non-compact acute /s/.

The following is a condensed summary of acoustic corre-~
lateos of pheremic distiunctions with special reference to the Swedish

phoneme system™,

i. The vowel systenm

(1) Acute- La acute vowel has a higher Féqu then a correspond-
ing nen-acuis (grovs) vewel.

(2) Ilat. A flai vowel has 2 lower sum (with possible weight-
ingy K +T?4F“ ihan correo: pondlag_ncnnflat4(pla1n) vowels.
g 2
(3) Lompact. £ compoct vo.uel 115 a hicher P1 then a correspond-
ing non--corpaet (Siffuse) rowel.
(4) Shozt. & smhoxi swrel <idnin the Swedisk vowel systeu has a

shortor durction =nd gorerally a spectrum with & higher F
and a more noutral formant patiern than e corveéspondirg
leng vowel oFf ths mame conbext.

7

he

viates crn well esteblished except for some
vSWGdlSh.VOﬁ’l system. Tor a general dis-

corialrtes; see sarlier publlcf%}ons,
“hoory of Soszech Prodvetion"
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The long vowel is combined with a short consonant and vice versa.
The short/long distinction is in all essentials identical with the
lax/tense distinction described by Jakobson-Fant-Halle (1).

2. The consonant system

(1) Yocalic. The F-pattern. formants (F1 F2 F3) of frequencies
F, F, F, respectively are more apparent and the overall in-
tensIty is higher in a vocalic than in a non-vocalic phoneme.

(2) Consonantal. Consonantal phonemes are acoustically charac—
terized by sound segments fulfilling one or both of the fol-
lowing conditions:

a. The main energy is confined to other formants than F1
and F2,

b. Low second formant intensity F2 and generally a low
first formant frequency position F1 compared with ad-
jacent sound segment.

These aspects of the consonantal feature appear as a temppral contrast
effect either in the type of spectrum or in terms of a rapid transition

of the formant frequencies and the sound intensity.

There is an appreciable overlap in the definition of the
consonantal feature and the non-vocalic feature which parallels the
clagsification of most consonants as being both consonantal and non-
vocalic. The phoneme /h/ is classified non-consonantal because of the
lack of contrast of formant frequencies relative to an adjacent vowel
but it is non-vocalic because of the lower intensity, especially in
the first formant range. The liquids /1/ and /r/ have more vocalic
formant patterns than other consonants and may thus be coded as +vo-

calic and +consonantal.

The syllable

The nucleus of a common syllable is a single vowel or a
diphthong, the speech-wave correlate of which is a vocalic non-conso-
nantal sound segment. An adjacent sound segment belonging to the same
syllable is always consonantal and prdduces together with the vowel a
temporal contrast owing to its lower intensity * or spectrum of & non-

vocaliec type. On account of the +vocalic feature liquids may be said

'It is probable that a proper frequency selective pre—emphasis in
the intensity measuring procedure; favoring the frequency range
below 3000 c/s, would invariably provide a larger intensity of a
vowel than an adjacent consonant, e.g., fricative. Results from
experiments on voicing detectors support this view.
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to rank next after vowels in terms of "syllabicity". In a consonant

cluster liquids always occur next to the vowel in conformity with the
idea of a successive decay of syllabicity away from the syllable nuc-
leus. 4 liquid /1/ or /r/ out of contact with a vowel would thus in

itself constitute a syllabic nucleus, The'/r/ possesses a greater

syllabiecity than /1/ on account of the greater compactness.

In unstressed syllables the vowel is of lower intensity,
shorter duration, and possesses a formant pattern closer to that of a
neutral vowel than in stressed syllables. The contrast between the

vowel and edjacent consonants is reduced.

(3) Nasal. The formant structure of nasal sound segments has
a reduced second formant intensity and possesses the typi-
cal qualities of the nasal murmur.

(4) Interrupted. Rapid onset or checking of the sound inten-~
sity combined with rapid formant transitions.

(5) Compact. The spectral energy of the sound segments of com—
pact phonemes is concentrated to a more central location
versus the main pitch of the immediately adjacent vocalic
sound segments than non-compact (diffuse) phonemes *.

(6) Acute. Greater intensity of high-frequency formants than
in non-acute (grave sounds).

(7) Flat. A shift dovm in the frequency location of formants
retaining the general shape of the spectrum.

(8) Voiced. In Swedish consonants the voiced/voiceless opposi-
tion occurs in complimentary distribution with the lax/tense
opposition. The common denominator is the relative lack or
the shortness of duration of unvoiced segments of the speech
wave. Examples are the burst and occlusion phases nf voiced
stops and the unvoiced segment of voiced (lax) continuants
which are shorter in wvoiced than in unvoiced sounds.

One suggested definition of main pitch is the second formant of
a synthetic two-formant sound perceptually matching the quality
of the sound segment. In first approximation this main pitch
coincides with F, but is closer to Fy or F, for high front vow-
6ls. In voiced stops and nasal consonants the front transitions
carry a great part of the perceptually effective cues. The ex-
tent to which these cues may be included in the formulation above
is not quite clear. In general the formant transitions and the
consonantal sound segment constitute a compound stimulus.
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Swedish consonants
rrllngmnmgkrdrtdtbpsj jtisvih

Vocalic S a I R - ————= -— - ==
Consonantal + + + + + + ++ ++ + +++++ ++ + 4+ + =
Nasal A T R —-— - -
Interrupted +++ + A+ F - - - -
Compact + - et = =t - = = - - ++ - - =
Acute + + = + + + = - + - =
Flat + - + = + + -~ $ - = =
Voiced + =+ = == + = + -
Swedish vowels
apay Axhy oyny ByEy eyey 1ydy 8,8, yoyy wuy
Acute -— e = e - o+t o+ + o+ + o+ o+ + o+ 4+
Flat (=) (£Xg) (B¢) - - -=- -= £z 1z ++
Compact ++ &z == 4+ 4+ £ E = ++ == =
Short + - + = 4+ - + - + - + - + = + - 4 -
G. Fant

Jakobson, R., Fént, C.G.M., Halle, M.: "Preliminaries to speech
analysis. The distinctive features and their correlates',
M.I.T. Acoustics Lab. Techn. Rep. No. 13 (1952) 3rd printing.

Fant, G.: "Modern instruments and methods for acoustic studies
of speech", Proc. of the VIII International Congress of
Linguists, Oslo University Press, Oslo 1958, p. 282-358;
also publ. in Acta Polytechnica Scandinavica, Ph 1 (246/1958).

: "Acoustic analysis and synthesis of speech with
applications to Swedish", Ericsson Technics No. 1, Vol. 15,

3~108 (1959).

Fant, G.: “Phonetic and phonemic basis for the transcription of
Swedish word material", Acta Oto-Laryngologica, Suppl. 116,
83-93 (1954).

Fant, G.: "Descriptive analysis of the acoustic aspects of speech",
raper presented at the 1960 Summer Symposia at Burg Warten—
stein, Austria, "Comparative Aspects of Human Communication',
September 4-10, 1960,

Fant, G.: "Acoustic Theory of Speech Production', Mouton & Co.,
’s—Gravenhage 1960, 323 pp.
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II., SPEECH SYNTHESIS AND SPEECH PERCEPTION

A, CONFUSION AMONG VOWELS FOLLOWING LOW-PASS
AND HIGH-PASS FILTERING

Data from identification tests of HP- and LP-filtered
Swedish vowels are being processed. Three male speakers and one
synthetic speaker produced 14 different sustained vowels. A num-
ber of 9 subjects were used as listeners. The filters employed
had very sharp cutoff, 1 dB per c/s. Mean results for a group of
male speakers and for synthetic vowels are shown in Fig. II-1. It
may be seen that the HP- and LP-curves cross at approximately 1000
c/s1 Natural and synthetic speech provide similar results but the
intelligibility of the synthetic speech was somewhat better than

that of the mean of the human speakers.

The dashed curves pertain to a probabilistic theory of
identification based on the number of formants within the pass band.
Weighting factors of 2, 5, and 1 were applied to the first, second,
and third formants respectively.

E.C. Carterette, A, Mgller
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Fig. O-1

dagram
curves are derived from theoretical model.

Three male speakers.

Per cent correctly identified Swedish vowels as a function

of the cutoff frequency of low-pass and high-pass filtering,

The top. dln&ram pertains to synthetic speech and the lower
‘to the average of three human speakers. Dashed



B, SYNTHESIS INSTRUMENTATION

For pole~zero matching of speech samples by means of
analog circuitry it is convenient to have units which represent &
pole and a gzero. The circuitry of Fig. II-2 has been developad
for this purpose. The shunt arm conteining a continuously varieble
inductance (feed-back amplifier variation) in series with a step-
wise variable cendenser dstermines the frequency of the zero. The
pole is a function of the elements in both the series and the shunt
arms. Bandwidths of the pole and the zero may be aljusted contin-
uously. The unit is intended for the representation of any combi-
natién of a zero and pole of a frequency higher than the zero. The
pole may be set high enough (with Q=1) in order to provide neglible
contribution to the system function. Two additional units are un-

der canstruction.

A few modifications of the synthesis instrumentaiion
in OVE II for producing connected speech have recently been made.
One is the zZero circuit, see Fig. II-3, similar to that of Fig-.
II-2 but for the voltage control of the effective inductance and
the use of integrators to provide the inductance. The advantage
and the use of integratcrs to provide the inductance, The advan-
tage gained by the inductance control is that overall reference
gain of the unit does nect change with the tuning. & new gate sys-
tem, Fig. II~4, has also been designed in order to allow a more
thump-free opefation and a linear relation hetween conitrol voitage
and a dB signal level scale. .
Jo¥: Helmes, M. Kringlsboin
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III. SPGECH PRODUSTION

A, STUDIES OF NASALIZATION

Studies of synchronous records of cine-radiocgraphic
J grey
films and sound spsctrograms have beern psuformad ou clert palute
subjects before and after operciion arnd also oa 2 coniuecl maveri-
al of normal subjects. Thege studies kave crabled & corrclaiicn
between the degree of velc -Hhavyngoal orneasing cnd i nusgalizaiion
; g ; &
element as seen in the spoctregrar. Thzs visual eifacte Ln a spso-
trogram of assimilated nazalization of vowel segnonts .n Inmunediate
(=)

contact with a nasal consorant 2rc small coaparad wibi faon: of
the heavily nasalized speech of clelt valabae svujecty. 4 normal

- &

person can, however, to some extent sim:late

speech. Spectrographic pictures of sim:leinz

show & similarity to cleft palate opeszche.

Listening tests for asscsomont of cp:

0uz11ty sup-

port the relative degrees of naselizati~n ceen in thn soectrographic
and cine~radiographic material.

Y. Bibri, 3. Nylsn
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